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WHAT IS CIAIMED IS 

1. A speech coding apparatus including at least 
a spectrum parameter calculation?! section for 
receiving a speech signal, obtaining a sg^ectrxim parameter, 
anp quantizing the spectriam parameter, 

an adaptive codebook section toii obtaining a delay 
a gain from a past quantized sound source signal by 
using an adaptive codebook, and obtaining a residue by 
predicting a speech signal, and 

a sound source quantization yfeection for quantizing a 
sound source signal of the speech signal by using the 
spectrum parameter and outputtii/g the sound source signal , 
comprising : 

a discrimination section /for discriminating a mode on 
the basis of a past quai/tized gain of an adaptive 
codebook ; 

a sound source quantization section which has a 
codebook for representing a sound source signal by a 
combination of a plurality of non-zero pulses and 
collectively quantizing /amplitudes or polarities of the 
pulses when an output/ from said discrimination section 
indicates a predetermiyhed mode, and searches combinations 
of code vectors stored in said codebook and a plurality of 
shift amounts used to shift positions of the pulses so as 



25 to output a combination of a code vector and shift amount 



which minimizes distortion relative to input speech; and 

a multiplexer section for outputting a combination of 
an output from said spectrum parameter calcu/lation section, 
an output from said adaptive codebook section, and an 
output from said sound source quantization/ section . 



2 . A speech coding apparatus including at least 




a spectrum parameter calculation section for 
receiving a speech signal, obtaining a spectrum parameter, 
and quantizing the spectrum parameter, / 

an adaptive codebook section foij obtaining a delay 
and a gain from a past quantized sound source signal by 
using an adaptive codebook, and obtaining a residue by 
predicting a speech signal , and / 

a sound source quantization section for quantizing a 
sound source signal of the speechf signal by using the 
spectrum parameter and outputting the sound source signal, 
comprising: / 

a discrimination section for discriminating a mode on 
the basis of a past quantized gain of an adaptive 
codebook ; / 

a sound source quantizatiion section which has a 
codebook for representing a sound source signal by a 
combination of a plurality /of non-zero pulses and 
collectively quantizing amplitudes or polarities of the 
pulses when an output from said discrimination section 
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indicates a predetermined mode, and outputs a code vector 
that minimizes distortion relative to input / speech by 
generating positions of the pulses accoiyaing to a 
predetermined rule; and 

a multiplexer section for outputting a Combination of 
an output from said spectrum parameter calculation section, 
an output from said adaptive codebook section, and an 
output from said sound source quantizatioiy section, 
p 3. A speech coding apparatus incluaing at least 

hj 10 a spectrum parameter calculat:j(on section for 

Q 

pj receiving a speech signal, obtaining a /spectrum parameter, 

and quantizing the spectrijm parameter, 

an adaptive codebook section for obtaining a delay 
and a gain from a past quantized sound source signal by 
15 using an adaptive codebook, and optaining a residue by 
predicting a speech signal, and 

a sound source quantization ^ection for quantizing a 
sound source signal of the speech signal by using the 
spectrum parameter and outputting the sound source signal, 
2 0 comprising: 

a discrimination section ^or discriminating a mode on 
the basis of a past quantjazed gain of an adaptive 
codebook ; 

a sound source quaintifzation section which has a 
2 5 codebook for representing /a sound source signal by a 
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combination of a plurality of non-zero pulses and 
collectively quantizing amplitudes or polaritiep of the 
pulses when an output from said discriminatiQh section 
indicates a predetermined mode, and a gain cofciebook for 
5 quantizing gains, and searches combination's of code 
vectors stored in said codebook, a plurality of shift 
amounts used to shift positions of the puls'es, and gain 
code vectors stored in said gain codebook so as to output 
a combination of a code vector, shift ampunt, and gain 
10 code vector which minimizes distortion r^ative to input 
speech ; and 

a multiplexer section for outputtinrf a combination of 
an output from said spectrum parameter calculation section, 
an output from said adaptive codebocjOc section, and an 
15 output from said sound source quantiz^ion section. 

4 . A speech coding apparatus including at least 
a spectriim parameter calculation section for 
receiving a speech signal, obtaining a spectrum parameter, 
and quantizing the spectrum parameter, 
2 0 an adaptive codebook sectioh for obtaining a delay 

and a gain from a past quantized sound source signal by 
using an adaptive codebook, ai/d obtaining a residue by 
predicting a speech signal, anc 

a sound source quantization section for quantizing a 
2 5 sound source signal of the /speech signal by using the 



spectrxim parameter and outputting the sound sourcfe signal , 
comprising: / 

a discrimination section for discriminating a mode on 
the basis of a past quantized gain of a adapti/ve codebook; 

a sound source quantization section / which has a 
codebook for representing a sound sourcef signal by a 
combination of a plurality of non-ze4:o pulses and 
collectively quantizing amplitudes or polarities of the 
pulses when an output from said disci^mination section 
indicates a predetermined mode, and a /gain codebook for 
quantizing gains, and outputs a combination of a code 
vector and gain code vector which ^minimizes distortion 
relative to input speech by generating positions of the 
pulses according to a predetermined/ rule ; and 

a multiplexer section for outputting a combination of 
an output from said spectrum paraiheter calculation section, 
an output from said adaptive ybodebook section, and an 
output from said sound source quantization section, 

5, A speech decoding apparatus comprising: 

a demultiplexer section for receiving and 
demultiplexing a spectrum A^arameter, a delay of an 
adaptive codebook, a quantised gain, and quantized sound 
source information; / 

a mode discrimination/ section for discriminating a 
mode by using a past quantized gain in said adaptive 
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codebook ; and 

a sound source signal reconstructirfg section for 
reconstructing a sound source signal / by generating 
non-zero pulses from the quantized/ sound source 
information when an output from saip discrimination 
section indicates a predetermined mode, 

wherein a speech signal is reprodubed by passing the 
sound source signal through a synth^is filter section 
constituted by spectrum parameters 

6. A speech coding/decoding appatratus comprising: 
a speech coding apparatus including 

a spectrum parameter calculation section for 
receiving a speech signal, obtaining a spectriom parameter, 
and quantizing the spectrum parameter, 

an adaptive codebook sectidn for obtaining a delay 
and a gain from a past quantized sound source signal by 
using an adaptive codebook, apd obtaining a residue by 
predicting a speech signal, 

a sound source quantization section for quantizing a 
sound source signal of the/ speech signal by using the 
spectrum parameter and outputting the sound source signal, 

a discrimination section for discriminating a mode on 
the basis of a past quantized gain of a adaptive codebook, 
and 

a codebook for representing a sound source signal by 
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a combination of a plurality of non-zero pi/lses and 
collectively quantizing amplitudes or polariti/es of the 
pulses when an output from said discrimination section 
indicates a predetermined mode, 
5 said sound source quantization sectiyon searching 

combinations of code vectors stored in said podebook and a 
plurality of shift amounts used to shift positions of the 
pulses so as to output a combination of a /code vector and 
shift amount which minimizes distortion 2/elative to input 
10 speech, and further including 

a multiplexer section for outputtiiVg a combination of 
an output from said spectrum parameter ybalculation section, 
an output from said adaptive codebobk section, and an 
output from said sound source quantization section; and 
15 a speech decoding apparatus incYuding at least 

a demultiplexer section /for receiving and 
demultiplexing a spectrum parameter, a delay of an 
adaptive codebook, a quantized gain, and quantized sound 
source information, 

a mode discrimination section for discriminating a 
mode by using a past quantizefd gain in said adaptive 
codebook , 

a sound source signal /reconstructing section for 
reconstructing a sound soiirce signal by generating 
2 5 non-zero pulses from th^ quantized sound source 



20 



information when an output from said discrimination 
section indicates a predetermined mode, and 

a synthesis filter section which is cons^tituted by 
spectrum parameters and reproduces a speecl/ signal by 
filtering the sound source signal 

7. A speech coding/decoding apparatus yfcomprising: 

a speech coding apparatus including 

a spectrum parameter calculatioyi section for 
receiving a speech signal, obtaining a sg/ectrum parameter, 
and quantizing the spectrum parameter, 

an adaptive codebook section fori obtaining a delay 
and a gain from a past quantized sound source signal by 
using an adaptive codebook, and obycaining a residue by 
predicting a speech signal, 

a sound source quantization section for quantizing a 
sound source signal of the speech signal by using the 
spectrum parameter and outputting the sound source signal, 

a discrimination section for discriminating a mode on 
the basis of a past quantized gain of a adaptive codebook, 
and 

a codebook for representing a sound source signal by 
a combination of a plurality of non-zero pulses and 
collectively quantizing amplitudes or polarities of the 
pulses when an output from said discrimination section 
indicates a predetermined/mode. 



said sound source quantization section for /outputting 
a combination of a code vector and shift aihount which 
minimizes distortion relative to input / speech by 
generating positions of the pulses according to a 
predetermined rule, and further including / 

a multiplexer section for outputting d combination of 
an output from said spectrum parameter calfculation section, 
an output from said adaptive codebooy section, and an 
output from said sound source quantizato^on section; and 
a speech decoding apparatus incliiding at least 
a demultiplexer section for receiving and 
demultiplexing a spectrum parameter, a delay of an 
adaptive codebook, a quantized gaiA, and quantized sound 
source information, / 

a mode discrimination secti/on for discriminating a 
mode by using a past quantized gain in said adaptive 
codebook , / 

a sound source signal ytecons tructing section for 
reconstructing a sound source signal by generating 
positions of pulses according to a predetermined rule and 
generating amplitudes or polfarities for the pulses from a 
code vector when an out±)ut from said discrimination 
section indicates a predetermined mode, and 

a synthesis filter /section which is constituted by 
spectrum parameters and/ reproduces a speech signal by 
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flltiering the sound source ^gnal . 

8. \A speech coding apparatus comprising: 

a $pectr\im parameter calculation section for 
receivings speech signal, obtaining a spectrum parameter, 
and quantizing the spectrum parameter; 

means \for obtaining a delay and a gain from a past 
quantized sound source signal by using an adaptive 
codebook, an^ obtaining a residue by predicting a speech 
signal; and 

mode disV:rimination means for receiving a past 
quantized adaptive codebook gain and performs mode 
discrimination associated with a voiced/unvoiced mode by 
comparing the gaim with a predetermined threshold, and 

further comprising : 

sound source qruantization means for quantizing a 
sound source signal \of the speech signal by using the 
spectrum parameter knd outputting the signal , and 
searching combinationsX of code vectors stored in a 
codebook for collectiVely quantizing amplitudes or 
polarities of a plurality of pulses in a predetermined 
mode and a plurality of shift amounts used to temporally 
shifting a predetermined pulse position so as to select a 
combination of an index of\ a code vector and a shift 
amount which minimizes distortion relative to input 
speech ; 
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CJP ^flO^ gain quantization means for quantizing a gain bv 
using a gain codeboo^; and 



multiplex means for outputting a combination of 
outputs from said spectrtmi parameter calculation means, 
5 said adaptive codeobok means^ said sound source 
quantization means, andVsaid gain quahtization means, 

9. An apparatus according to claims 8 , wherein said 
sound source quantization means uses a position generated 
according to a predetermined rule ^as a pulse position when 
10 mode discrimination indicates a predet;ermined mode. 
Q 10. An apparatus according to claita 9, wherein when 

W mode discrimination indicates a predetermined mode, a 

SJ predetermined number of pulse positions are generated by 

Q random number generating means and ^output to said sound 

=#=3 

yj 15 source quantization means. 

2 11. An apparatus according to claim ^8, wherein when 

""^ mode discrimination indicates a predetermined mode, said 

sound source quantization means selects a plurality of 
combinations from combinations of all code vectors in said 
2 0 codebook and shift amounts for pulse positions in an order 
in which a predetermined distortion amount is minimized, 
and outputs the combinations to said gain quantization 
means , and 

said gain quantization means quantizes a plurality of 
25 sets of outputs from said sound source quantization means 



by using said gain codebook, and selects a combination of 
a shift amount, sound source code vector, and gain code 
vector which minimizes the predetermined distortion amount. 



